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(54) A pactet*switched-network telephone system 



(57) A telephone system is disclosed estabfishing a 
link over a packBt-SMntched-netMvork (16). sucti as the 
Internet between two telephone interfaces (10^) k)y 
exchanging netvMrk addresses. The addresses can 
indude ATM addresses to alow a virtual c onrwction to 
t>e estabfished between tiie interiaces. The interlaces 
exchange speech data packets of speech signals from a 
cafled party telephone and a caSng party telephone 
the network. An interface converts tt>e speech sig- 
nals of the partes into ttte speech data packets. The 
system dynamically allocates network and interface 
resources to complete the telephone cal transactm. 
The system provides a number of en ha rwed cafing 
services not nonnaly avaibtsle to PSTN subscribers 
indudtng: message-defvery, cafrteck cai^screening. 



network-campKxx caU-back-fnonKjueue. find-me. 
meet-mfr^ager. caD-forwardhg. caUHntem^Jt call-wait- 
ing, businessKfeiing. automatic-calkfistrfaution. virtual- 
automatx>catkistri3Ution, speeds, cal-transfer. 
oonferenoe<aling and network-adminisfration. Echo 
cancefiatxsn is used to eftminate echoes caused by 
PSTN drcufts associated with the telephones. Sience 
detection is used to improve network effidency by not 
sencfing packets when the partes are not speaMng. The 
delay in the packet^switohed-network is used to aifust 
the size ot souid segments kxmed into a packet The 
interlaces alow the system to provide end points in a 
padat-9Mtched network that manage a telephone can 
(Mr tie packet switched network. 
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Description 

Cross Reference to Related App6cation8 

[0001] Ttis appfication is rotated to U.S. appficaiions s 
having senal nunrtoer 08/743.793 entitled System For 
Accessing MUtimecfia Malboxes And Messages Over 
The intemcl Via Telephone and serial nunt>ef 
08/792.136 entitled A Telephone System Integrating A 
PuPticSMTftched Telephone NetwaK A Packet Switched io 
Network And A Call Answering System and U.S. Pat- 
ents 5.029.199. 5J93.110 and 5.493.607, all incorpo- 
rated bff reference hereta 

[0002] The present invention is directed to a system 
tor ptadng telephcne calls between two telephones is 
usffig a peckBt-switched-netmrK such as ihe Inter- 
net/intranet a an asynchronous transfer mode (ATM) 
network and. more particUarty. to a system that does so 
without requiring the caling party or the cafled party 
have special equipment such as a conputer. and does so 
so using en^point managers to manage the call. 
[00031 In toda/8 public telephone network, the most 
common device used is the plain old telephone service 
(POTS) anatog telephone. The problem witi tie POTS 
telephone service is it is very fnrited in terms of what 2S 
sennces it can oiler. Pnvato business exchanges 
(PBXs) are capable of providing eetensive Gpedaftzed 
caling services over a pUUic switohed telephone net- 
work (PSTT^. however, a telephone must be (Srectfy 
connected to the PBX as an extenskaa POTS is also so 
relatively costly in comparison with (Sgitaltorms of com- 
municatton. i=or e3anto<8. an e-maii sennce subscriber 
can send an cnfonrted number of unlmited length mes- 
sages at a low fbced monthly service cost hnaddHion. 
typical POTS servica dedtoates a channel between the x 
cafir^ and caled parties such that when the partes are 
not taBdng. the ba x^widft of the channel is being 
wasted transmitting sience. Because this decficated 
channel is beirig provided there is very Me incerttrve to 
pertorm sophisticated compulalkyia0y intensive audo 40 
corrpression on fie speech to more efficientty carry the 
speech cMrttiechanneL 

[0004] With the flxptoeion of tMhntemet and with the 
relatr\^fy inexpensive digital neNwfl qn g it aJtoffi^ Votoe 
Over the Internet (VOI) is qiacMy becoming a realty. 45 
Products are already av^bUe that provide tor PC-to- 
PC voice to nne ct ior» OAjcattec. et af). aivi recently 
there have been product announcemerts tor Tele- 
phone-to-PC and Telephone-to-Telephone products 
(Diatogic/Vbcaltec Mconr^. Each of these products so 
requres the caler and caled party to have specialized 
equipmerrt and subscrtoe to an Internet sennca Each of 
these products also uses a tra rgm i ssi on bandwidth 
equiv^ent to an analog ^dce circuit 
(0005) What is needed is a system that wiQ altow any ss 
cafing party to place a call to any called party using a 
packet-switched^network. such as the Internet or an 
intranet, usirtg compressed signals, thereby obtaining a 



lower cost of service. provicSng more efTidem utiizatton 
of the conmurication tsandwvlth, wittxxit requiring the 
parties to have special eqiipmert, without requring tt^ 
parties to subscrtoe to an Internet service provider and 
which will also provide enhanced caOino service to the 
parties. 

tOOOS] In a corventkanal telephone network or^ or 
more centralized points. typicaOy central offices, man- 
age a telephone call by chedong to see if the called 
nunt>er is an existing PSTN telephone nurber. cort- 
necting the call, provid ing status informaticn to the 
caller, such as a ringng signal, determining wftether the 
called party has answered, etc. In a dnlributed packet- 
switohed networK such as th& jntern^ there are no 
centra&zed points to pertorm such rrwagemerrt Wtiat 
is needed is a system that provides end point managers 
to manage a telephor^e call over a packet-switched net- 
worK 

[0007] In com/entional telephone networlG a tele- 
phone call is managed by signaling systems, such as 
SS7 switches* untfl ttte end offtoe becomes wr^tbtwi in 
the call Once the end office becomes involved the net* 
iA«rk resouces needed to handle the entire transaction 
are committed untO tfie entire transaction is oorrpleted. 
For example, when the caled party does not answer 
ard a message is to t)e left on a >oce message systom, 
ass oc iate d with tie called party, the r>etwork connection 
arvj all network resources remain alocated to ttie call 
untl the message is saved for the caled party. What is 
needed s a system that dynamicaly allocates network 
resouces as needed to corr^plele a transaction. 
[0008] Because the packst-switched network is much 
lass expensive tor cumnwvcation between tMC points, 
a system that automoticaly routes toO cals the 
paclQBt-switched network is needed to reduce the callers 
cost of oonrmunicalKXi. 

[0009] Aooortfing to one aspect of the present irwen- 
tion a system is provided that establishes a INc ever a 
pacfcBt-switched-netwoifc between two telephorw inter- 
faces tsf exctianging network addresses arto pertorms 
speech data packet enchange d speech t t flnuhi 
between a caled party talephoTM and a caing party tel- 
ephone. The intertaces convert tt)e speech signals of 
the parties into the speech data packets. TYie system 
provides a number of en ha r Ka d caling sennces not 
available to PSTN sObGcrtoers. The system also marv 
ages the caU tTy dynamicaly aflocating network and 
interlace resources in a way that reduces netMrk uti- 
zatton. Echo canoellatkin is used to efminate echoes 
caused by PSTN circuits associated with the tele- 
phortes. Silence detectton is used to improwe netMXk 
efficiency by not sending padots when the parties are 
not speaking. Lengths of delays in the packet-switched 
network are used to ac^ust the size of sound segments 
formed into a packet 

[0010] The present inventton typically prMdes a cal- 
ing party wAh the abffity to cal a called party using a dig- 
ital packet-switched-network. such as the internet 
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without requiring the cal6d or caling parties to have 
special equipment 

[0011] The present invention typicaly provibes 
phone to telephone based, real-time, packet switched 
conversatioa 

[00121 The present inventkxi typically improves voce 
channel transmission eTciency by not transmitting 
soundless portiorv of a teiephone cai. 
[0013] The present invention typically uses connec- 
tion protocols to reserve bandwidth or allocate network 
resources tor the caU so that delay is minimized in the 
pack^-switched^etwork. 

[0014] The present invention typicaty provides 
advanced telephone services, such as call torwartfing a 
cal queuing, tor any telephone. 
[0015] The present irvention typicafly provides a 
smart computattonaJly poiverfii telephcr>e system that 
can provide features that tr adr tional systems, such as 
PBXs, cannot provide, such as screen based adminis- 
tration used tor setting ip ^ exclusion list to reject cafls 
from selected csi&nQ parties^ 
[00161 ^ presert inversion typicaly prr^ndas 
enhanced calfing services to take advarttage of an inex- 
pensive tfgital network for sophisticated conrvnncation 
between the calfaig and called parties. 
[0017] The present rm^on typicafiy pertorrTB conv 
pression and decompression of the ydCB signal trans- 
mitted over the packet-switched-network to reduce 
network usage. 

[0018] The present invention typically sippresses 
echo signals occu mn g over the network when anatog 
telephone circuits having hyt)rid drcuvts are part of the 
cm I Ml mrj lion patfv 

[0019] The present invention typicaly provides a sys- 
tem that woriG with hardware commonly a^kabe arvj 
deptoyed today. 

[0020] The present inventton typicaly provkies a sys- 
tem that does not require Ihe subscrtoer to Obtain spe- 
cial equipment such as a computer or a sirruttaneous 
voice and data modem. 

[0021] The present inventton typicaly adjusts packet 
size of speech packets acoordvig to network detay 
[0022] The present tmenion typicafly presides ervJ 
points in a packBt-«witched network that iTianage a tele- 
phone cal over ttie packet swdctied network whBe 
dynamicaly afl oca fin g rMwork resources as needed to 
complete the can tansaction responsive to t>e service 
being prvnded^ 

[0023] The present inventton typicaly provktes a sys- 
tem that auiomaticaly places to! calls over the pacM- 
Mntchod network. 

[0024] These together with other advantages whtoh 
wffi be subsequentty apparent reside in the detads of 
constTuctton and operatton as more fiily herein afte r 
descrtoed and daimed. refereixe being had to the 
accomparrymg drawings torming a part hereof, wherein 
like nunerals refer to f ke parts throughout 



Figure 1 illustrates the system oorrponerrts in an 
dgital network telephone catf; 
Figure 2 depicts the corrponents of the system of 
the present irventton; 
5 Rgure 3 depicts another embodiment tor hand&ng 
tolcaSs: 

Figure 4 depicts tt>6 operattons that occur on a 

source side (plattorm u) during a telephone cafl; 

FiguB 5 depicts the operattons that occur on a des- 
10 tination side (plattorm 18) during a telephone caS; 

Rgm 6 depicts ttie operations of the Message- 

Defivery en han ce d service; 

Figure 7 depicts a Canp-On service: 

Ftgure 8 depicts a Rnd-Me ser:^: ' 
15 Frgure 9 deptots the system In an intraoonrpany 

environment and 

Rgue 10 iOustrates echo cancetettoa 

P0251 m a typical telephone cafl ftow. in accordance 

30 with an embedment of the present inventtoa a calfing 
party subscrtoer using co rwe n tional telephone 10. as 
lustrated in Figure 1, cals tvough a pubfic switched 
telephone network (PSTN) 12 to an origi natin g or 
soiToe service plattorm 14. The source platform 14 

2s answers the cal witi an appicatton that aste ttie caUer 
to identify himself (account rurtoer, pass code, eta), or 
uses automatic runber identifcation (ANO from the 
PSTN 12 to identify tie caOer^caling party telephone If 
necessary the source platform 14 asl6 the caller tor the 

30 telephone number of 9ie person they are trywg to 
reach. The HHffce platform 14 tools up the telephone 
nunnber in a table to d^ermine what equipment is serv- 
toing the area tor the telephone nunrper input by the 
caler. Using a p o c k et- switcli ed-network 16. such as the 

35 trternet ttiat connects a system or groip of platforms, 
the souce plalform 1 4 comnuvcates with a destination 
platform 18 senmng the area of fie cafled telephone. 
This comnunicaion involves idenltfying the caled and 
caSng parties, i de nOly i i i g the or i gi na ti n g source plat- 

40 tomi 14. and determining reaMime delay ch a rac t eristtos 
dtfw network connec ti n g the two platforms 14 and 18. 
The two end points 14 and 18 manage Ihe telephone 
cafl over me networiclG. 

Once fie destinaton platform 18 has al of the appropri- 
45 ate informatton, it places an outgoing cal over the 
PSTN 12 to tie number or called party fie caler asked 
to be doM. The destinatton platform 18 monHors fie 
outgoing cal tor ringinjytusy/^nswer concfittoa Prior to 
fie cal being answered, fie destinatton platform 18 
50 indtoates call status to fie originatng source platform 14 
and fie source platform 14 can indcate fie status to fie 
caler such as by playing a ringing signal. When fie caU 
is answered via a telephone 20. fte destination plattorm 
18 inctcates fits to fie source plattorm 14. fie source 
55 platform 14 stops playing ringing tones to fie caller and 
t)o(h systems begm ttie process of compressing ttie 
incoming speech from theix respective PSTN connec- 
tions, shpping it via packet-switched data packets to the 
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Other piatform.whie at the same time, accepting incom- 
ing packets from the other plattorm, and decompressi^ 
the speech to play it out orer the respective PSTN con* 
nedicn to the handset or telephone. 
[0026] Dirng this lalMng* period, each piatfcxm 
14/18 is responsible Ibr perlbrming A/D and 0/Acorwer- 
saon of the speech frf necessary), pertormtng encr)p- 
tiontiecrypticn (if desired), 

compressing^ecompressing the speech, performing 
echo cancellation of the dala/signaJ rt is oulputting to the 
respective telephone (20/10) to mai«e sure the same 
data is not also being trartsmitted back to the speaMng 
party. Each plattorm 14/18 is aiso monitoring the PSTN 
connection for voice energy, and is only shipping 
speech data packets containing actual speech, thus 
avoitfing the transmisskxi of "sdenca* The system also 
measures network delay and sets a packet segment 
size, based on the del^y. for the speech packets trans- 
ferred. 

[0027] The two parties (via the telephones 10/20) 
communicate asthey nomnalydo, untfl one party hangs 
i4x The hang is detec te d at the app ropi idte PSTN 
collection, and a packet is sent to the other platform to 
inc&cate the conversation is complete Cal d^1 fogging 
IS then perfonned (length of call, packets transmtted. 
etc) for any use charges ap pli ca ble. 
[0028] A more detaied cSscussion of how this opera- 
tfon is performed as well as the corrponents of ttte plat* 
fomis wiB be discussed later hereia 
[0029] Given the abcwe^fiscussed basic call scenana 
the follMing exenrtolary enha n ced caling services can 
be added: Message-Defvery Cal-BacK Cafl-Saeen- 
rng, Rnd-Me. Network-CampnOa Cail-eack from can in 
Queue Service. Meet-Me (pager), (^-Fonmenfing. 
Cafl-lnterruptK^Wuting. Business-Dialing. Automatic 
Cafl Distrfoutksn (ACO)A/irtual ACO. Anywher^-Speed- 
Oial. Cafl-Transfer. Conterence-Oafing. and Adninisfra- 
tfon via the Web. These servfoes wil be briefly 
descrfoed below and dtecussed in detail later herein. 
[00301 Message-Oeivery is a tatue by which the 
destination piatform 18 monilors the outgoing cal tor a 
ring-no-arMrer or busy condtton. and returns status to 
the ongrating source platform 14. In the case of a busy 
conefition. the des t iii ato i piatform 18 can immecfiatety 
dfooonnect arxj aflow t)e source piatform 14 to continue 
interacting with the caller, bittw case of ring-no-answer 
conditKsn. the destination platform 1 8 must oortfinue to 
monitor the ine for an answer oonftion. und ttie caler 
decides to give ip. In eit>er case, the source piatform 
14 offers the caBer (caTtig party subsotMr) the option 
to leave a message by pressing a key of the telephone 
suctt as *r. Once the caler presses tie specific toy, 
the destination piatform 18 drope ou of t»« cal. The 
source platform 14 then pronrpts the caller to record a 
message, which is stored tocalty on the source platform 
14 until the recor^£ng is conpiete When the cafler is 
satisfied, the sotrce platform 14 initiates a new session 
wflh destination platform 18 in which the message is 



sent to the destination platform iSandwhereanoutotal 
request is aeated on destination piatform 18 for the 
original called party telephone number. 
[0031] The source platform 14 as noted above sends 

s the message data to destination piatform 18 so ft is focal 
to the destination platform 18 system at the time of the 
message deivery operatfon. The message data is then 
removed from the source platform 14 system. Configu- 
ration parameters stored on the destination platform 18 

10 determine wtien and how often to atterrpt the called 
party number to deliver the message Message Oefivery 
is a usefii service in partioiar for afi of the telephones 
having an swering devices (since they csnnotptcict^) on 
a busy condSion), and yet sta alow^nessages to be left 

IS [0032] By dropping the destination platform 18 out of 
the cail. the netvinrk resources between the source and 
destination are dynamicafiy deallocated thereby freeing 
the resou-ces ior other uses. When the source piatform 
14 initiates the transfer of tie recorded message, the 

20 resources of the network needed to transfer the mes- 
sage are dynamicaly alocated to the transaction involv- 
ing the message deivery sernce After the message is 
transfened from the source platfiorm 143 to the destina- 
tion platform 18. the storage resources of the source 14 

2S are dynamically made available for other uses while 
those of the destination 18 are alocated to message 
delivery. 

[0033] Cal-Back is a featL^e by which the platform 18 
performs the Message-Delivery feature as discussed 

30 above but when the caled party answers the telephone 
20. during the message defivery operatfon. a voice 
application plays the message and alfows the caled 
party to press a single key (a othenme indcate via 
speech recognition) to indicate they wish to return the 

35 call to the caling partyL In such a situatfon. the destina- 
tion platform 18 becomes the source piatform and the 
sequence of events previoucfy dscussed are per- 
formed, h this scenario, the normal real-time cafl con- 
versation sequence occurs as outlined in the beginning 

40 of this sectfoa In the caS-bock senhce the network 
resoifces are dynamicaly allocated to tie retun call as 
needed by the caled party 

[0034], Cdt-Screening is a featore by which the desti- 
nation piatform 18 performs a look-up on the caAed 

45 ptfty^ telephone nuntoer to determine if he is also a 
subscrber (a caled party subscrfoer) to the services 
offered by the system ff so. the destination platfonn 18 
nrnnitors the outgoing line for an answer concfiten, and 
when the called party subscrfoer answers, tie piatform 

50 18 interacts witti tie caled party by an nounc in g tie 
name otf the caler (i tie caifaig party is also a sub- 
scriber and has a name armouncemert recorded), or 
tie d^jits of tie telephone nurrber of tie caJEng party 
mannouiced to tie called party With tis announce- 

55 ment tie called party can choose whetier to take tie 
call During tvs time tie calfng party at tie telephone 
10 continues to hear tie rtng-back si^ being gener- 
ated by soiree piatform 14. so tie caler is not aware 
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the caled party ans^md ihe phone. Rather than 
accept the call the caled party can choofia to direct the 
caler to the called part/5 voice maitoK, which is reei- 
dem on the destination plstfonn 18. to leave a niessage 
Call saeening dynamicaiy allocates the resources of 5 
tt>e destination platform responsive to the service being 
initiated. The deUiiia linn. a the side of initiator of the 
senAce 0" this case the destination where the sub- 
scnber has sJosex^ed to cal saeening). manages the 
service, ;o 
[0035] AudUe cafl saeening can aiso be performed 
where the called party is allowed to listen to a message 
being recorded as is discussed in the dsdosure entitled 
A Telephone System Integrating ... And Cafl Answering 
System previousfy mentioned. 75 
[0038] The Rnd-Me service is a feature where the 
cafied party is a subsoiber and has several telephone 
numbers where the subecrtw may be reached (home, 
office, car). The de s ti na tion platform 18 attempts each 
of the ruTters in suocessiorx or atterrpts all of ttie 20 
Runbers at the same time, in the hcpes of con ta cting 
the subscrfoer. 

[00371 NetMTk-Canp^ is a feature by which the 
destination ptatfomnl 8 monitors ttie outgoing ine to tel- 
ephone 20 as it does normaly. and m the case of a busy 2S 
or ring-no-answer oondOioa the souce platform 14 
offers a feature by which the source piatfomi U wil cal 
the cafler back when the dest inati o n platform 18 is sue- 
cessfid in contacting the called party Dving the net- 
work canp-on senAoe the network resouoes are 30 
dynamicaBy deaJfocatad when tie service is requested 
and dynamicafty reallocated when the called party 
becomes avaSable. When a busy or ring-no^answer 
occurs the system can also attenrpt to reach the called 
party via the Rnd-Me Service 9 it is 3forttiecaAed as 

[00381 CaD-Back-From-Cal-Quc- arvice is sardar 
to the Network-Camp^ feature dt)ove. 
except rt is used in the eoenarfo where the cafied pvty 
is a service a he^ine that has the caler in a queue to 40 
be angered by the next available agent Rather ttan 
having the caing party wad on hold, the destinafion 
platform 18 waits for a hunan t>eing to arawer the 
phone, and then teis the hunon being ttw customer is 
being contacted, and issues a networtc Cafl-Back, as « 
<£scussed above, through souxe platform 14. 
[0039] The Meet-Me (pager) sendee is a foaiur« 
where the caied party is a subeafotf arri has a page^ . 
r^TTber associated with the serves. The destination 
pirtfonTt 18 inaiates a page, and adds a record to fte so 
siiisortoer database tor tte caBed party indcating there 
is a call hoking for the subsofoer on souce platform 

14. The caled party ipon receiving the page can initiate 
a cal to the platkxm 1 8 (from anywhere), and the caned 
partysubscrt>eristoid,tponenlry.acalishokSng.and 5$ 
alms the caled party subscrfoer to accept tie cafl. B 
the caled party accepts the cafl. the cafing p»ty is 
taken off hckJ and the caftng and called parties are con. 
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nected together. 

[0040] The Cal-Forwarding foatore is one where the 
called party subscriber record on the destination plat- 
form 18 has a Merent nunnber for the subscrber. The 
cfifferent number is obtained by the source platform 14 
from the destination platform 18 and used by the source 
platform 14 fo inrtiate a caL The source platform 14 
ooiid either ratruct the eating party the subecrfoer 
nmtet has changed, or just use the dffierert nunt>er 
without the caller's knowledga based on the desres of 
the called party. Dynamic ailocatfon and deaiocatfon of 
network and platform resources occurs diring cafl kx- 
wartfng when the destinatton platform is released up^ 
sendhg the souce 1 4 the new telephone runber and a 
new path through the network is allocated for the new 
telephone nuntoer. 

[0041] Cai-lntenri43( is a featixe where the caBed 
party allows a second cafler to-intem^n a conversation 
already occumng 9/er the network 12 to telephone 20. 
When the second cafler cafls telephone 20.thede5tina- 
tfon platform 18 first checte (by looking in the subscrfoer 
database) to see if the cafled party subecrtoer is already 
on the Ine before placing the outgoing cal sessfon. If 
the called party subscriber is already on tfie fine, the 
soira platform 14 gives the cafler the option to inter- 
nist the cafl C>f tte caled party subacrfoer aflows this to 
oocu) - or to notify the caled party subscrtoer via a tone 
a series of tones played on telephone 20 indcating a 
cafl is waiting for the subscrfoer. The subscrtoer can 
then press a key to accept tie new cal Cafl-Wem^rt is 
also a p p fic a fa l e wtien someone caSs tie cal&ng party. 
By not sendvig voice packets to tie caKng party during 
an interrupted call, tie resources of tie packet-switched 
network ve released for other uses. 
[0042] In Business-Dialing a business has customer 
premise equipment (CPE) attached to tie business 
POCThe equipment provides access to tie <Sgrtal IP 
network 18. This access s piuvided by incorporating 
tiefundfonsoftieprese int^enton into tie (^PE. This 
aiows tie business to avcd tie tt9)ensive per*mim^ 
aooees charges incurred whenever a cal (local or tong 
^stance) is placed. This is also a savings to tie d^ital 
P ne&Mork provider since it reduces tie PSTN ines in 
usa 

[D0431 The AUomatk: Cal Distrfoution (ACD) feature 
is one where a caler is put in a cafl queue for tie caled 
party subscrfoer (simiar to tie cafl waiting feature 
descrfoed abM). except tie queue is managed by tie 
network to make sue calls are hancfled in tie order in 
which ttiey arrived. Vtrtal AGO is a Mm teoture. 
except tie cafled party subGcrfoer has a fist of phone 
rvnbers used to accept incoming cafls. and tie net- 
MTk chooses tie next avaiable agent to process tie 
can H(X^ tie agents can be located anywhere on tie 
network _ 

BKM^ ^ Anywhere-Speed-Oiai a caffing party sub- 
scrfoer csn have any rumber (typicafly ip to 10) of 
speed (Sal ruTi>ers recognized by tie platform 14. 
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These numbers are preprogrammed either through the 
voice application interface, or via the Wide Web 
(see the dncusaon of a dmii bbdliu i beAow). These 
speed Al nuntes are avateUe to the caiting party 
subscnberreganiess of what telephone is used to con- 5 
nect to piattorm 14. 

[0045] Cai-Transier is a feature sim'kar to the Cal 
Saeening feature mentioned abcve, howrever, the 
called party is allowed to input a new telephone number 
to which to transfar ttie caA. and the source platform U 10 
starts a new conversation using the new phone nuTber. 
CaO transfer can also be used by either party during the 
real-time corn/ef^ation to indicate the cafl shoUd con- 
tinue at another telephone number. The packet path to 
the old destination is dynanrhcaHy dealtocated and the is 
path to the new de s t ina tion, based on the transferred 
telephone number, is dynamicafiyattocated in this trans- 
fer sen/ioe. 

[004$] Conferenoe-Caing is a feature by which either 
the called or caling party can request another party be 20 
added to the cafL In this case, the appropriate plattorm 
14/18 initiates a new connection, and reserves add- 
tional digSal signal proce sso r (DSP) resoiffoes to blend 
the corversattons of the parties. 
[0047] In Adnmstration via the Wet since the entire zs 
network is one where the Internet Protocol (P) is used 
to communicate t)etween the p la tfor ms 14 and 18, http 
servers are provided to communicato with the sub- 
scrt>er databases stored on the pfettorms 14/18. In this 
way, system administrators or erid user subscribers can 30 
maintaii and manage their enhanced caffng service 
featu-es via PCs attached to the network 16. Naturally, 
security systems fike SSL 3^ need to be used to make 
sure the subscriber is authenticatad before being per- 
mitted to make any changes. TTus type of administratnn 35 
signtficantfy reduces the number of cals to t)e handM 
by a customer service agent thus alowing the service 
provider to save money It also allows the end user sub- 
scrber to exercise greater control and permits the ervj 
user subscriber to manage oompiflK features (Boe cal 40 
forMTdng and s p e ed dfel rwrbers) that today prove 
too onerous to perform via a telephone handsel Web- 
based^adnnstraticn alows a sibscrfoer to access a 
*hom»t>aoe* of a service provider, such as a telephone 
conrpany. using a conventfo na l lyowseT and make 45 
changes to the sibscrber's database records, such as 
changing a caB-forwaidng telephone nurter or i^xlat- 
ing a find-me telephone number ist This access is B« 
ttie access provided in the system descrfoed in U& 
ap pi cati on serial na 08/743.793 incorporated by refer- 50 
enoe herein. 

[0048] A platform, such as plattonn 14/18. has » 
architecture based on the tetrbuted voice mad platform 
deserted in US. patent 5.029.199 and incorpora t ed by 
reference hereia As shown in Rgure 2, tie piattorm 23 
14/18 includes a control unit (CU) 30 which commm- 
cates with the PSTN 12 ty telephorie cafl control and 
routing. An irKom in g caO or an outgoing cal is routed 



through a digital switch 32 to tomi a connection 
between a ppfcation processing unit (APU) 34 per- 
forming the cal processing of the plattorm 14/18 and 
the PSTN 12. The digital switch 32 and the routing con- 
trol by ttie CU 30 is not required when ports of the APU 
34 are dedicated to the tefephony operation Old a cen- 
tral office switch wthin the PSTN 12 hunts tor an avaia- 
bfe trunk to the APU 34. The APU 34. in addHion to 
performing the functions necessary to interact with the 
caling and the caBed party, also performs A/D tfid D/A 
oorversion of the speech, oonyres s es^decorrpresses 
the speech, echo cancellation and sflence detection. 
The (figitized speech of an trtem^ tefephone cal is 
transferred between the APUc 34^ and a networic 
processing unit (NPU) 36 over an internal ethemet 38. 
The system can also include a hi^ speed 1 0OM) ether- 
net connection 40 directly between the NPU 36 and 
APU 34. The NPU 36 is essentiaiy a conventio na l IP 
router, such as available from Cisco Systems or Bay 
Networks, through which the d^jital speech is routed. 
The NPU 36. as an alternative, can include an asyn- 
chronous transfer mode (ATM) interface to aflow direct 
operation with ATM switches in the Intern^ 16. Alterna- 
tively, other packet-based protocols^ such as frame 
relay, and other packsi-based networte can be used. 
The NPU 36 routes packets over a corvenliomi virtual 
droA ttvough the ne^fvork 16 to another remote APU in 
platform 18 and assambfesASsassembles data pactacs 
of the digital speech in a convenicnal Internet Protocol 
(IP), such as User Datagram Protocol (UDP). Each ol 
the units 30 and 34 is based on a personal computer, 
such as an Intel Pentium^ 1 33/1 66 MHz processor with 
32M RAM. 4G8 mirrorecVredundant disk drives running 
♦»e ^toosoft W5ndowsNT~ operaling system and cou- 
pled togetf>er by a 10Mb ethemet 38. such as fourvj in 
the AccessNP"* system aveiiabfe from Boston Technol- 
ogy. Inc. The units also include the appropriato conven- 
tional interface irits, such as voice modules from 
Natoral Mmsysiems Iridudvig a ligh speed digital sig- 
nal proces so r (DSP) and modem caids, necessary to 
perfonmtheinterfKefuictionoltfBtparticUtarunL It is 
also possiJte for the APU 34 to be configu ed with the 
ciiails necessary for the APU 34 to perfamt the func- 
tions of the rffOJ 36. 

[0049] During a typical incoming telephone cal to a 
platfcxm. such as platform 14. the CU 30 of the plattorm 
receives the telephone number tfaled by the calfng 
party from tte PSTN 12, provides approprata 
addresses to ttie switch 32 and thereby routes the cafl 
from tfte incoming tnfik to an avaiabfe voice port of an 
APU 34 that includes an internet telephony appficabon. 
The CU 30 also infonms t>e particular APU 34 assigned 
the cafl tt>e cafi is aniving on the avalable port During 
an outgoing call, such as wt)en the platform 18 is estab- 
fishing a fink with the caled party over the PSTN 12. the 
CU 30 receives a request for an assignment of an tr\jik 
to an avaiable APU port and co mm a nd s tf» switch 32 
to prc^nde a connection to the available trunk. 
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[OOSOJ Figi^e 3 depicts another entedvnent wtiicti is 
typically isad lor kxig dfitance toll caOs fi^^ 
18 Gorged tor the indMdual caJte. VVhen the user places 
a toll cal, such « by (iafng 1* toflowed by the cafied 
party number, an end office SO automaticany transfers 5 
the call through the PSTN 12 to the platform 14. in the 
sarne way that end offices transfer tofl caAs to a pre- 
fen-ed long distance pronder today. At the same time, 
the caling party telephone nurter and the caled party 
telephone nunrber are transfeaed by ccnventionaJ sig- 10 
naOing, such as SS7 signaling, to the CU 30. The CU 
30. in adcMon to assigning an APU 34 to harvflethe cal 
and controing swntch 32. supplies the assigned APU 34 
with ttie two telephone nurbers. The APU 34 checks 
the subscnber database to confirm that the cafltng party is 
telephor>e nunt>er is of a subscrter, and then loote up 
the destination platform address a&vi>uflited with tfie 
cafled party telephone runiber and piacas the cal. the 
steps of which wil be descri>ed in more detai later 
herein. 20 
[0061] The internet telephony appication of the APU 
34 interacts with tfw calSng party using a conventional 
interactive resporve type process to obtan the informa- 
tion needed to connect tt>e call, such as cafng party tel- 
ephone number, caling party identification and called 25 
party telephone number. Once a connec ti on has been 
estaUished the APU 34 samples the raoming speech 
of the caing party (or called party) and compresses the 
speech using a co mpre ssi on procedure, such as the 
low bit rate procedure available from DSP Qroijp as 30 
TrueSpeech/H.323 and which is typically used for the 
au^ portion duing video conferervsng (s^ 
www.dspg.com for delaied information about this tech- 
nology). The APU 34 forms s p e e ch segment packets 
having the IP adckess of the destination tfien sends the 3$ 
pactots over the Intemai ethemet 38 to the HPU 36. 
which routes them over the network 16 to the destkta- 
tion. During the operation for a Irk ever the 

PSTN 12 to the caled party telephone 20. the APU 34 
perfomns a co cwr ti o na l out-^ process type process 40 
to *(Sar the called party telephone and interact with tw 
cased party to establish the ink. The APU 34 also per- 
forms cal analysis, to be discussed in more detail later 
herein, and pn^ides the restits. such as indicating tie 
cafled party telephone is ^usy* or has hung-i;p. to tie 45 
source plattorm 14 for comnxnicafion to tie caffing 
party H ap pr o pr iate . For speech data amving over tie 
Internet 16. tie APU 34 pe i fo i ufc the reverse ope ati on 
to ouput speech signals to tie telephone 1 0/20 tvough 
ttieswitoh32andPSTN12. so 
[0Q6Z] Atthough not shown in Figure 2, tie APU 34 
preferably includes echo canceftation technology, such 
as avaitefale from Coherent Co n i m i caAi ons arxl which 
wil be discussed in more detai later herein, and located 
on the PSTN -side' of the platform 14/18 to cancel ech- 55 
oes -xoduoed in the 2-to-4^e hybrid drcuts of tie 
PSTN ^z 

[0063] The platfomis 14/18 also preferably perform a 



silence detection operation, which wil also be de- 
cussed in more detai later herein, and do not send 
speech packets when tie parties are not speaking, 
tiereby conserving network resoroes. tn tvs situation, 
tie otier side does not receive speech pockets during a 
silent period and Iplays* sience to tie party. 
f0054] Several <fifferent*connection* protocol can be 
us ed to pstfthfibh a connection between two platforms 
(ser existing dgdal packet-switched-networte. includ- 
ing tie internet protocol (IP), asynchronous transfer 
mode (ATM) packet switching protocol, frame relay, etc 
The present irverrtion can e stab li sh a connection and 
perform voice sgnal transfers using tie Intomet Proto- 
col or otier protocols. However, if tie platfomis are on 
tie same ATM network, rt ts preferable tiat tie Internet 
Protocol be used to estabHsh ttie initial rendezvous, witi 
tie ATM protocol being used to establish an ATM con- 
nection, using ATM network IDs« between \K) ports of 
tie p ia tfcx n i s . Using an ATM connection provides 
irnpriMd delay characteristics as compared to an IP 
connection. The UDP protocol is preferably used when- 
ever an ATM connection camot be made. 
[00551 During a period of UDP packet eaochange 
between tie platforms 14/18i such as when tie ceding 
and cafled parties are taflong. each side sends each 
UDP packet witi a monotonk aP y increasing packet 
sec^jenoe rurrter. The receiving side (fiscaids any 
packet arriving witi a sequence number less ttian or 
equal to tie packet sequence ruTter of tie packet cur- 
rei% playing (or which has oonrpleted playirig). 
[D056I The processes dtecussed below witi respect to 
tie prssert inven ti on are ^ssaibsi for convenience 
using ffow charts depicting tie operations as flowing 
fromoneoperatfontoanotier. However, tie processes 
are preferably invka ii e i aeU as interrupt driven prcx- 
esses. For mnple. dimg a corwer sa tion. tie soiree 
piatfonn 14 cSgr&zes tie speech of tw subscriber and 
sends it to tie destination platfonn 18 to be played to 
tie cafier. and when tie cafler hangs LP. t«s is detected 
by tie cal monitonng operation of platform 14. which 
produces a hang-tp intempt detected by an interrupt 
maiBger tiat tien ocutes tie hang-up operaions. 
[POST] As previously mertione d . when a caier cais 
tie platfonn 14. tie caler selects tie Internet telephony 
sennce and enters 100 a t el eph o ne nunte* of tie 
caied party telephone, as depicted in Figue 4. When 
tie caller has entered tts destinatfon telephone 
number, tie souce platform 14 APU (a CU) performs 
lOe a table lookHp to obtain the name a address of tie 
destination platform 18 servicing tie area of tie cafled 
party. The destination platform 18 is loiown by a specific 
machine name, such as ■anplibostech.com.' The 
source APU uses tie Oonain Name Service (DNS) of 
an htemet service provider (ISP) to tanslate tie 
macttne name of tie platform 22 to its IP address. The 
souce APU then connecte 102 fssues a TCP connecT 
using tie TCP/IP) to tie IP address returned by DNS. at 
a particular TCP port ntrtjer (PN). The port rxgrtyes is 
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"hard codecT to refer to a pertoJiar service or appfica- 
tion, and in this case the service may be called *lntemet 
Telephony Sennce,* using the IP address and port 
nurrber (DPIPPN) of the destination piattorm 18. For 
exanpie. tte "hUp" service is (by deiiatil) at TCP port 
'80/ The appication/sen/ice can be running on one erf 
the destination APUs or on the destination CU. The 
TPC connect' packet inckjdes the TCPTIP address of 
the source APU When the packet is a TCP connecT 
packet from the piatform 14 the destination platform 18 
responds with a TCP accepT packet 
[O06a] After connectirig to the destination piatform 18. 
source APU sends 106 a service request packet to the 
platfonn 18 using the DPIPPN as the destination 
address. This packed indudes the following information: 
the caled party telephone number, the caling perty 
subscrft)er telephone number, the appropriate seooity 
code tor authent icati o n of the caBing party subsaber. 
the UOP address of the process on the source APU 
includvig the UDP port number (UPN). The destination 
platform 18 stores this IP address ard port nuiter 
(SPIPUPN). 

[0059] The destination platform 18 receives 200 (see 
Figire 5) tt)e request ard detenm)es 202 wvtiether there 
are available resouces, that is, whether there is a des- 
tination APU and a destination telephone Mjnk avaiable 
to service ttie request The available destination piat- 
torm 18 responds to the service request witi an indKa* 
tion packet 204 sent to the SPIPUPN indkating there 
are no resources available (MACK) for processing the 
request or responds 206 with an actoiowledgement 
(ACK) inducing the UOP network adctess and port 
nurber (DPPUPN) of an avaiable port (a process) on 
an avaflable APU. The destinatton APU also starts 208 
an outcfial operatton to dU the cafled party telephone 
nurber using the received called party telephone 
nurrber. 

[0080] The source APU can indicate tiscaB progress 
to the cafler txit otherwise waits for further in fcx mati on 
from the destinaten APU and presents or plays sience 
to the caler. 

[00811 S&tetantialy immedotely after the ACK is 
sent, the destinatton APU sends a set of test packets, 
preferably tfvee. to the source APU in ntoid succession. 
These packets are used by the source APU to cakaiate 
a manmum network delay. Each of the test pactets 
from the souce indudes a time starnp. The time stamp 
is incorporated into the reply packet sent by the destina- 
tion to the sotfce. The dfflarence in the current time at 
the source and t)e time stamp in the reply padet when 
the reply padtet is received at the source is used to 
determme a round trp delay The round trip delay is 
dnrided by two to get ttie orieiway delay. The one-way 
delay time is stored in the source APU and also sent to 
and gored in the destination APU 
[0062] lfaNACKisrecarved,anacknow(edgementis 
not received 108 (see Figire 4) or if a TCP accepT is 
not received within a predetermined period of time, ttie 



source APU informs 1 1 0 the caler and altows the caler 
to irvtiata an ap prop riat e en ha n ce d service, such as 
Message-Oeffvery. 

[0063] Onoe the acknowledgement is received 108 

5 from the destinatioa the source starts sencSng 112 
caller-generated UDP speech packets to the destination 
using the OIPUPN as the destination address and, unb'l 
the called party answers, the destinalksn APU does not 
accept tie packets or dtscards them. 

10 [0O64] The destination APU once the telephone 
nuntoer is 'diaJed.' pertorm s co nvei iiuta i call analysis 
210 (see Rgure 5) on the call indudrig detecting ring- 
ing, busy, detecttog a ring-no-answei; ^capturing tie 
speech of an operator intercept cihss\ incorrect number 

15 or malfu nction, eto. arto provkSes the cafl analysis intor- 
mation. such as a ring indication to tie source The des- 
tination APU sends 212 the status informatiorx tor 
ocampte a ring packet to the source APU where tie 
intor ma lton (the ring indication) is provided to t>e caller, 

20 such as by outputing a ringing signal generated by tie 
source APUl a busy signal or tie fonMarcjed intercept 
digital speech as needed Whenever the status remains 
tie same, such as wMe tie telephone rings, no addi- 
tional information is sent from tie destination to tie 

25 source and tie source APU provides 114 tie appropri- 
ate infa nm lio n (ringing in ttiis exarrtole) to tie caller, 
htote when tiere 18 an event such as a busy or ring-no- 
ansMrer, tiat can be used to trigger an enhanced serv- 
ice, tie source APU provides tie caller a p prop riat e 

50 opttons as cSscussed later herein in detail. Also, when 
an operator intercept is detected diring call analysis, 
such as when a wrong nuntoer is dialed, a packet is sent 
to tie source toOowed by a connect as cfecussed 
below, so the intercepted speech can be sent to tie 

35 source. 

[0065] When tie cafled party answers 214, the desti- 
nation APU sends 216 a cafl connectton pad«et to tie 
source APU The souce APU can tien initiate a bding 
9mft if a ppropr iat e. The co nnec ti on pactot is Irrvned- 

40 ately followed by beginning 218 to record and send 
speech padcets of tie caled party to tie source APU 
using tie SIPUPN and tie destination APU begins ptay- 
ing tie speech pactets received from tie souce APU. 
The sotfoe APU when it receives 1 16 tie cafl connect 

45 padvt also begins 118 playing received cafled party 
speech padcets and continues recordtig and sencSng 
speech padcets of the cafler. This begins a period ol bi- 
tfrectional cfigital speech UDP padet transfer where 
tie source and destination APUs captire speech sig- 

so nate and send s pe odi packets as well as play received 
speech packets. 

[00661 During tie cafl set-t^ » speedi pacMs^ are 
received from tie destination before tie TCP conned* 
or before tie adviowledgenient, tie present invention 
s performs tie connect status change and begins speech 
transfer, 

[00671 Ouing tie bidirectional speech transfer 
period, speech samples are conventionaBy compared. 
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in the APU. toan eneryy threshold Ondufing anpttude 
and time factors) bekMr which the sanple s considered 
to represent silence. If the sanple is below tfiis thresh- 
old no speech signal is transten-ed. k\ this way the net- 
work is not used for speech data transter except when 5 
the parties are actually speaking. In this sitiation. the 
other side does not receive speech pacfcets during a 
silent period and Vays' silence to the party. The 
silence detection operation preferably has a very start 
silence-to-energy detection threshold period (<5fns) to w 
insiA^e aO the speech of the parties is captured and there 
is little or no speech dipping. The operation preferably 
has a relatively long energy-to-silence detecfon thresh- 
old period (>500nr6). By meeting these criteria, comput- 
ing resources are not wasted fipping beck and forth js 
between energy/sBenc& Several thre sh olds are prefer- 
ably pronded to allow distinguishing between cfifferent 
types of agents, such as silence arvj a constant er- rgy 
dial tor^e produced wtien a party hangs u|x as wefl as to 
allow adiustmems to occur when a telephone trunk is go 
partioiarty noisy and would resiit in speech signais 
being transferred when t>e speaker is reafly sient or 
wtien a speaker speaks very quielty. 
[0068] The segnr)ents of sound digitized and formed 
into a packet are preferably as small as possftsie. How- 25 
ever, making a padoet as small as 5 mdfiseconds (ms) of 
sound resists in excessive addressing data overtiead. A 
20ms segment is an a p p ro p i iaie fbted and nmnun 
scmS se^nent size for a packet A 20ms speech seg- 
nwit resite in about 20 bytes of speech data which 30 
when combined witti the 32 bytes of UDP-IP header 
data results in a packet with an overhead of over 50%. 
Preferably, the sound segment size of the packet is 
a^ustable rather tfw fboed. The nwonrun delay deter- 
niined during the initial cal setip is used to ad|ust the 3S 
size of the pad«ets. The ma»mun delay is rndbpfied by 
1.5 to obtain the segment size tf the network delay 
changes during the cafl. the soiflid segntent size of the 
packet can be acfusted aocor d nj^y 
[0069] As the telephone cafi proceeds, the souce and 4o 
destination APtJs monitor the energy of t)e trunis of the 
caler and caled parties. When a hang is detected 
120/220 based on signaling from the PSnm such as a 
ground start signal, the APU de locting the dsconnect 
say the dest ina ikjn APU sends 222 a d fec onn ea cal 45 
packet to the other APU. The ci sc onnec l call padost is 
sent to particulariy dtetingush slence. when no data is 
being transferred, fenom »i actual dteoonnect The 
so(Hce APU terminates the bSng event stores the bitt- 
ing recoR) and responds 122 with a disc o** >^ so 
acknoMedgement packet Both APUs stop 124/224 
samping, release their respective tn*ite (go on-hook) 
when the party hangs-t^) and indkate to the CU ney 
and tt>e trunks are avalafale whde the APUs ter .se 
t he ygt ual ink between the piatfcmre. ss 
[0070] If the calGng party does not hang-u^ a 
pehodof time after the tfscorYiect the system : ay 
a prompt to the calling party to start another . a 



some o<her service. 

(0071] ft is posstte for the caled party telephone to 
have an enhanced service, such as can saeening. In 
sudi a situatxyi. the cafl connect process prMousJy 
<^isa«ed is not initiated until the destination APU ^os 
performed ttie call screening process to altow the caied 
party telephone to be used to accept or reject the call 
from the caling party telephone During such screening 
the cafler receives a ringing signal initiated by the c^i 
analysis. If the cafied perty refuses tfie caU. the destine- 
tkxi APU can immetfately issue a dsconnect to con- 
serve network resources, wrth the source APU erther 
continuing to play a rwiging signal to the caler or provid- 
ing a refusal message and prompting tl^caller to alow 
a message to be saved and delivered, such as 
deserted betow. 

[0072] The enhanced Gaffing service called Message- 
Delvery typicaly is effectivB when the caled party does 
not have a voice mafl service or an answering macttne. 
Message-Delivery, as depicted in Figure 6. starts with a 
cafl analysis operation that delects a busy (or ring-no- 
anew •RNA*). A busy padtet is forwarded 240 to the 
soun» APU which plays 140 a busy tone to the caler. 
The platforms also proceeds throuf^ the cal <fecomect 
phase previously (fiscussed to stop the sendvig of 
speech pack^ from the source platform 14 to the des- 
tratxxi platform 18. At this linrw a pronpt is overlaid on 
or multiplexed 142 with the busy tone (which busy tone 
is provided at redU:ed volume). The pmrrpt asks the 
cafler if the cafle would Ite to leave a message for the 
destination. If the @Ser hengs upi or if the caBer does 
not accept 144 the Message-Oefivery Sen^ the tnrtc 
is released 146. If the cafler accepts the service, a mes- 
sage is recorded 14& Once the entire message s 
recorded, indudvig allowing the caler to change the 
message, etc and irvficate the message is to k)e sent 
the sotfce APU forwards 150 the entire message to the 
destinatton APU using the DPtPPN with a request to 
deOver the messaga In doing this the source APU 
estafafishes a TCP/P co nne cbu i with the de stima ui i 
APU and conventionally tansmits the message The 
de stinaiiu i APU pertorms 242 a co nve ntiona l oukfiaJ 
process to provide the mecsape to the caled party. 
When the cafied party receives the message, the desti- 
nation APU sends 244 a oomplelion message padet to 
the some APU. Ths packet can be used to ba for the 
massage deivery a inform 152 the caler the message 
was received. Of cousa. if the message cannot be 
deivered within a predetermined period off €me or tte 
called party telephone has call screening and the caled 
party does not accept the message, a Ukre message 
desoftjing the problem can be provided to tie caltf. 
(0073] Oimg a ring-no-ar»fer situatxyi. after a ring 
intication has been received by the source platform 14 
from the destination platform 18 mj after a predeter- 
nwied period of playing a ring signal (say 24 seconds) 
to the caller, a ring-no-answer prorrpt is played to the 
cafler via the source APU overtaying the ring signal 
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whie the destination APU continues to monitor the 
catod party telephone The rin^Hio-answer pronrpt aste 
the caler if the Message-Odivery Sennce is to be initi- 
al, (f the caled party does not answer and the caiter 
accepts ihe Meesaoe-Oefivery service, the source APU 
initiates a lisconnect toitmed by message record 
148 and deivery 150 as prenously discussed, ft, hoMr- 
e^er. the called party answrers, as delected by the cal 
analysis process, before the caling party accepts the 
Message-Delivery service, the destination APU sends 
216 a cal connect packet the connect is recognized 
116 and the caler and caled parties are connected 
1 18/218 and the message deivery service is cfiscorlin- 
ued. 

[0074] tn the Can-Beck service, the sender of the mes- 
sage can incScate the receiver of the message can cal 
the message sender back after the message is 
receivedL TNs fadi tales urgent communication. In this 
sAuation, the message fonMarded in step 150 aJso 
includes a command packet initiating the Cal-Back 
sennce in the destination APUL TNs commarvl indudee 
the telepfx)ne number of Ihe original caling party. When 
the caled party has received or istened to the message 
played via the Message-Oeivery service noted above, 
the destination APU plays a prompt asking If the called 
party wishes to return tt>e cafl. If the c^ed party at the 
destination APU aoceplB. the destination APU initiates a 
cal by stating with the look-up step 102 depicted in Rg- 
ire 4. The return cal proceeds as is depicted in Rgures 
4and5. 

IWTSl The Network CampOn service starts with a 
busy detection being transnitted 240 to the source APU 
and a prornpt 142 tMing played to the caler. The pronpt 
is simter to the previously-descrtej prompt for Mes- 
sage-OeSvery. biA tf>e ^4etwork Camp-On prompt asks 
the cafler If the caler wmjkl Ike to carrp^ ttw ine urti 
the called party answers. When the service is accepted 
160 (see Rgure 7). the caler can be aflowed to record 
162 a feyief message or a name announcement. Orce 
ttie reoorcing is completed, the system sends 164 a 
canp-on requ e st which includes tie name announce- 
ment to the desination APU When this request is 
received and admwiedged 2S0. tie destraion APU 
initiates a Reconnect as prMOusly d i scussed. If the 
fine becomes urbusy «Me the Camp-On is being proc- 
essed and before a deconnect is started by the destina- 
tkxi APU, the system puts the comectnn twough 
starling with step 216. as prmously discussed, and the 
camp^ process is terminated at tw soijce and desti- 
nation. After the (fecormect has occurred, at periocSc 
intervals tfie destination APU pericsrms an oukftd oper- 
atnn 254 to cal the caled party. When cal anatysia 
detects an off^KXSk or answer 256, the destination APU 
plays 256 a message, which can ndude the name 
annomcement recorded tiy t)e caler. asMng the called 
party to hold whie the cal is connec t ed to tw calfing 
party. The ctebUiatiun APU initiates a cad by starling 
witi the k)OkHjp step 102 of Figure 4 using t>e caling 



party number provided 106 in the request kx servica 
[0076] Duing tie Cal-Back*From-Queue service t>e 
caller has, for eomple. called a help service and been 
put in a queue to obtaffi service from the next available 

5 service prcvider or agent The caller in this situation can 
Inttiate tiis service by depressing a selected key on tt>e 
caller^ telephone. Once the cafler has selected t>e 
service, the destination APU is informed, by a cal back 
queue packet lt>e cal is to be (fisconnected through the 

10 network 16, as previously drecussed. The destination 
APU continues to monitor the caled party trunk using 
corverrtional cal analysis and each time tt>e destination 
APU detects speech, the destination APU plays a 
prompt requesteig the Ctjlod party enter a cfigit 

IS sequence, such as *#1 *. to speak to the cal ler. The sys- 
tem, or)cethe<figft sequence is detected, initiates a corv 
nect back to t)e caBer. such as prevkxffly cfecussed. by 
starting with step 102 of Rgu-e 4 using tie caling party 
nurTt>er. It is also po6st3le for the system to use speech 

20 recognition techndogy to recognize the caied party has 
now answered and perform tie cafl back responsive 

ifc - I -i I, 

mereux 

100771 The Fnd-Me service requires tie caOed party 
telep h one be a sUbscrtser to tie packet-switched-net- 

25 work teiephcne servica The de stinati on APU, as 
depicted in Figure 8, wtien tie request is received 200 
from a source platform and after a table look-ip deter- 
mines 270 tie called party is a find-me service sub- 
scrter. sends 272 a service dass indcatbr to tie 

30 source wtiere the source APU can play a nriessage to 
tie caler Micating tie system will be trying several 
numbers to reach tie called party and. if desired, alow 
tie caler to hang-ijpL If the caller continues wfth the cal. 
tie destination APU repeals the oukial process 274 for 

X each of the numbers stored for tie caled party perform- 
ing cal analysis, allowing 276 tie caled telephone to 
ring a predeterntned rurtoer of times t>elbre hanging- 
if) and diaing tie next nuntoer. When tie called party 
a ns w e r s the connect operation (216) previously dte- 

40 cussed is perforiTie d . If tie end of ttie list is reached 
278. a ring-no-answer packet is sent to tie source APU. 
[00781 The Meet-Me pager service requires tie caled 
party sUbscrte to a pager service and the destination 
APU to recognize ttiis via a look-t4x such as step 270 in 

45 tie Rnd-Me service (see Rgu'e 8). When tie caled 
party does not answer, tie destinatkxi APU sends a 
"class of service* irvScator to ttie some platform, as in 
step 272, where a prompt is played asMng tie caler if 
tie caled party should be paged. If tie caller accepts 

so tie service, the souoe APU sends a page request 
packet to tie destination APU to request tie page: The 
destination APU ou^xjIs the page request witi a spe- 
dfic return telephone nurrtoer (such as of tie destina- 
tion plattorm) arvt can also servl a page identificaJion 

S5 coda The destination APU tien initiates a disconnect to 
conserve network resources. When the paged party 
caHs the specfc telephone nifnber, tie destination 
APU ascertains tie caller is tie party paged by request- 
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ing the paged party to enter the page identif i c at ion 
code, or rf su^ a code is not used, by entering an 
account nunter and pessoode. Once the paged party 
is identified, the destination APU plays a message indi- 
catng the cafl is being connected and simuitaneously 5 
performs a connect operation to the source APU by 
sending 216 a cal connect packet The calEng party and 
the paged party are connected and the caH continues 
116/218 as premustydscussed. tf the caHer hangs-ip 
before the paged party responds, the source APU 10 
informs the destination APU the caBer has drop ped the 
request When the paged party calls the specific 
nurrter. the destination APU responds to the paged 
party with the option of cafling the cafler back as occurs 
in the Call-Back service. 15 
[0079] tn the Call-Ry>«warding service, the source APU 
attempts to estabfish a cal to the cafled party ustfig a 
telephone number that unloiowm to tt)e source APU, 
has been tonwanded to a (Afferent ruTt>er. The destina- 
tion APU. when it receives the service request reoog- 20 
tms the number has changed using a look-up 
operation in step 270 and respond s to the source 
APU with a cal toovard ffvScator packet and the new tel- 
ephone nurrter. The soiree APU can intorm the caler 
of the delay if desired. The soiTce APU then starts a cal zs 
connect process as rf the caller had just entered this 
new number by performing the lookHjp 102. etc neces- 
sary to estabfish a cafi to tw new number. 
[OQBQI hn the Cal-lrterrupt^Cafl-Wailing service, when 
the subscriber calls the plattorm to otjtain service, the so 
platfomi records the subGcnber*s teicphof>e is in use 
using the platfiorm. When a destination platfomn 18 
receives a service request prior to starting the outdod 
208 tor the telephone n^nber, the desti na tion APU 
ch^ the siteort)er database in the CU to determine as 
if the sub6crt>er telephone number is currently in usa 
When the caBed party telephone is in use and the catted 
party telephone has subGorted to the service, the des- 
tination APU sends a cal progress intotkan to the 
souceindcaiingthereisacaainpn>9'e5SbythecaAed 40 
party. The source APU plays a prorrpt to the caler incfi- 
cating the ca&ed party telephone is in use and request- 
ing the cafler incficate whether the cal shoiid be 
irterrupted. or whether the caSer warts to hold or leave 
a message The response of the user is relayed to the 45 
destinatksn APU akwing the destination to disconnect 9 
a message is being takea play an intem43t tone and 
message to the caled party if an intern^ is to occur or 
play a cal w affing tone if the user is waiting. The called 
party can accept tt)e internist or switch to tf>e waiting so 
cal by entering a code in the telephone. When the code 
ts recognized by the d est i na tion APU mu ii tmi ig the 
cafi, the destration APU. if the ine is being using for 
another cafl. dscontinues sencSng speech packets to 
the other location, dscontinues playing speech pacMs 55 
from the other location and sends 21 6 a connect to the 
source and tt>e call is connected as previously dis- 
cussed. Wien the intem^adng cal is finished by the 



rece^at of a hang*up packet frcm the other kacation or 
the entervig of a switch back code by the caled party, 
the exchange of speech packets with the other location 
continues. If the caled party was involved in another 
operation, such as performing maA)Ox admintstration. 
the operation continues. It is also possSale to bridge the 
two calls using a (Afferent code so an parties receive the 
speech packets aeating a conferen ce caL 
(0081 ] tn the Automatk>Call-Oistrtution (ACQ) or vir- 
tual ACQ service, the caler source address is placed in 
an ordered queue in the destination APU with the desti- 
nation APU sending an indcation of the entry into the 
queue to the source APU wt)ere a corresponding mes- 
sage is played to the cafier. Trac^tioreAy. the caler 
remains in tt)e line untd an agert becomes available, 
however, k is possUe to provide a cai-back when the 
agent becomes avaiabla The destinatkxi APU moni- 
tears cal process for nuttiple service persor^ oc agent 
telephones and initiates a connect (216) between the 
frst avaiable agent mi the caler at the top of the 
queue. The cal progresses as has been previously de- 
cussed, in virtual ACO. the caled party has ag^ 
located at (£fferent points in the padet-switched n&t- 
work 16. each with a (fifferent telephone ruimber. When 
an agent signals to the agents APU that the ^ent is 
available for the next call, the agents APU accesses the 
queue and obt^ns the next caler from the fist incto^ 
the IP address and port of the caler. and issues a con- 
nect directly to the caler. Once tie connect occurs the 
agent and the caller talk. If the agent actuaUy decon- 
nects from the agents APU and frees up the APU port, 
the agent shoUd be required to go through an authenti- 
cation process to be rMfidated as an agent Because 
the connect is iniSated by the agents APU the agent 
can be located anywhere on the packet-switched net- 
work. 

[0082] In the Anywhere-Speed-Oial service, the 
souroe platform (typic^ on the CU) maintains a ist of 
telephone numbers for the alscnber. When tfie sub- 
scrtoer cafe the souce APU, from any telephone, and 
erters the s p eed dul code and nurte indfoator. the 
APU accesses the yst and obtains the oon^plete number 
and then starts the process wih the fook-tp st^) 102 
^gow ed with respect to figure 4, 
(OOSQ ' In the Cal-Trarvier service, when a transfening 
partytsayparty2.] (either a cafing or cafled party) initi- 
ates a transfer operafoa the APU. whether it is the 
soiree or desiii u tkjii APUL stops outputting (playing) 
tie speech from the party, say party 1. to be transferred 
and stops sendng speech signals to the party 1 . essen- 
liafly putting the party 1 on hold. 
[0084] ki the situation wtiere the ti a n bfen ii g party 
(party 2) does not want to spee^ with the party, say 
party 3. to «^iom the cal is being frarsfen^edl what is 
called a bfind transfer, the party 2 APU sends the tele- 
phone nurrte and a transfer O Dim idiil to the trans- 
fen-ed party Vs APU The party 1 APU initiates a 
tfsoorY>ect with party 2 and star^ a new cafl by per- 
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foming a looknjp 102 and requesting a connection to 
the party 3 to whonri the cal is being transfenred. 
[0085] If party 2 desires to speak with the party 3 to 
whom the cal is to be transterred prior to the actual 
transfer, which is caled a monrtored transfer, after send- 
ing essentialy a parte command to party 1 so the party 
1 APU steps sendng speech packets and slops expect- 
ing to receive speech packets, party 2 APU starts a nor- 
maJ cail to party 3. Alter a connection is made and party 
3 indicates the transfer is acceptable party 2 indicates 
the transfer is to take piace. The party 2 APU sends the 
party 3 APU the IP address and port number ol party 1 . 
The party 2 aiso iniliates a disconnect with party 3. 
Party 3 then initiates a connect with party 1 using the IP 
address and port received from the party 2 APU. Upon 
receipt ol the connect the party 1 APU starts packet 
exchange with the party 3 APU and the parties start 
talking. 

[0066] K party 3 does not accept the cal and hangs up 
or if party 3 does not answer, the party 2 APU issues a 
connect to the party 1 APU and tfw conver sa tkyi 
between party 1 and party 2 resumes. 
10067] During the Conference-CalBng service, cais 
are connected between afl the parties so each APU 
exchanges speech packets with afl the APUs rtvolved in 
the conference In the origirtal oonfiguatioa party 1 is 
talking with party 2 ani party 2 initiates the conference 
with party 3. To establish the connection to party 3. the 
party 2 APU (Sscontinues the transfer of speech packets 
to party 1 and initsates a cafi to the party 3 by starting 
with the step 100 of inputting a nm telephorie nunte. 
When party 2 has afinned party 3 is to become 
tTNcNed in the conference, tfw party 2 APU sends the 
IP address and port nuTt>er of party 1 to ttte party 3 
APU. the party 2 APU also sends the P address and 
port number of party 3 to the party 1 APU The party 3 
APU begins sending speech packets to and accepting 
speech packets from both party 1 APU and party 2 
APU. and the party 1 APU begins sendmg speech pack- 
ets to arvj accepting speech poctals trom k)otfi party 2 
and party 3. The party 2 APU also sends to and 
receives from tfie party 1 and porty 3 APU& A bHjkec- 
tional data stream is tfierety established between each 
party of the conferen ce cal Each APU is tius responsi- 
bletorcombinng #ie sfteeiTh s^rvlsfnom IP addresses 
for which it has received a conference comect com- 
mand tor each party of the conference using a corft^r>- 
tional voice signal oonfe inai on sctieme such as 
averagng. and is responsftsfe tor sendvig the speech 
packets of the caler asso ci at ed with tte APU to the 
other APUs of the conferen c e cal 
[0068] The Business-Oiaing service requires a busi- 
ness scattered over a geog i jp ti La l area to have plat- 
torms 31C/312 (or at least the networic interlace 
(APU/NPU) stiaset of a plattorm) associated with or part 
of the PBXs 31 3/314 at the business kxattons. as lus- 
trated in F^jre 9. When a caller witfiinttie business has 
dialed a nunnber. the P6X system, say 313. looteHjp the 



numt>er in a network database ot routing table to deter- 
mine whether a packet*8witched network caB can be 
placed instead of a PSTN call. When the caled party 
has a networt^ number, the call is transferred to the plat- 

5 form 310 and the process of Figure 4 is perbnned to 
piace the cal to the other business tocatton of the com- 
pany over the packet-switched-network 16. The network 
interlace 312 at the destination provides the cal to the 
destination PBX 314 just as the destination APU pro- 

10 vkjes the call to the PSTN to cail the destination tele- 
phone as descrt>ed with respect to F^ure 5. That is, the 
destinalkyi PBX 314 receives a cail from the APU just 
Q(e a cal from the PSTN l2andoormect5thecal tothe 
called party telephone just as ttwoukT a cal received 

IS the PSTN 12. Each PBX in such a network is 
required to indude orte or more telephone trunks for 
oormction to the network irKerfaca This type of system 
saves ttie access charge l«ried by the focal tetephone 
companies. 

20 [00891 The above^descripbon is of some of the special 
services that can be provided over the Internet Other 
services can of course be poinded. 
[0090] Echoes are typicaly caused by the anafog cir- 
cuits (hybrids) in channel banls and other tefephone dr- 

2S cuits for \M)ice channels For example, circixts 
ass oc iate d with a destination telephone typically reflect 
an echo of source speech back to the source, ft is 
irrportant to perform echo cancelation as dose to tf)e 
source of the echo as possible, becausa the larger the 

30 delay b et w een the generation Of an actio Signal and the 
cancelation, ttie greeter Itie amotftt of signal informa- 
tion it is necessary to compare. In the present invention 
tfie echo cancellaiion is preferably performed In the 
DSP of the APU 34 on the ine side for echoes reflected 

35 from tie PSTN sfoe. In the system of the present irveiv 
Iton. as ilustratod vi Fi^re 10. an application tiarsmit 
buffer 330 in the APU provides an outgoing speech sig- 
nal to a transmit CCX3EC 332 that produces PCM sig- 
nals transmitted and provided to an actio canceSation 

40 unit 334. The receive signal is processed by the cancel- 
lation unit 334 10 remove tie echo before ft is suppled 
to a receive CODEC 336^ which suppies tie receive 
app(icafiontxfffer338. The present Invention uses ectx> 
canceiatfon technotogy available from Natual fSao- 

4S systems. An energy detector 340 s also pmvkSed to 
alow the APU to stop sending speech data when there 
is no speech signal to be processed t3y tie APU. 
[0091] The present invention has been descrfoed with 
respect to nnking an *IP connection" between tie 

50 soiroe and destinatkvi using TCP/IP and UOP. As pre- 
vkxjsly dteussed ttie P connection is made using an IP 
adc^^ss and P port of boti ttie source and destination. 
It is also posstole to HStahWi cafls using asynchronous 
transfer mode (ATM) switching. 

55 [0092] The present invention has been descrfoed with 
respect to esla b fiarti ig a telephone cal Q¥er a pecket- 
switohed network, such as tie Intemet h»vever, it is 
possfole for tie call to be estabfished over ctier types of 



12 



EP 0 905 959 A2 



24 



packBt-awrtcfted netwote, such as an intranet The 

inventxyi can ato be used wim the emerging starvlaRls 
(incorporated herein by reference) being developed for 
the Internet, sudi as K323. H.245 and T120 to allow 
the cafl to be a videophone cafl and aBow easier cafl 5 
conferencing, and with emerging protocols Oncorpo- 
rated by reference herein), such as RSVP, wtnch aBows 
the reservation 0^ reeouroes for a desired le^ of serv- 
ice quality, and RTTP and RTCP. which enhance the 
timeliness and synchroiuation of the packets. 
[0093] The present rnvertion has been descrbed as 
requiring the caller to interact wfth the source piatform to 
set LP the call ^ tnputing the called party telephone 
number. HoMrever. just as long cSstance telephone calls 
are routed to (fiferem carriers depencing on the earner 15 
selected by the caller, rt is possUe tor a certral office 
SMtch to route all long dstance telephone calls from a 
particular telephone to a packet-switched-network cas- 
ing plattorm and place the cal over the packet-switched- 
network auto mat icafly and transparently. 20 
[0094] The present invention has also been descrtoed 
with respect to conducting telephone calls between par- 
ties using conventionai telephones. The inventfon is 
also appteable to a situation wtwe OTYe of the parlies to 
acallispiacingthecalviaacornputer.suchthatasii>- 2s 
scrber accessing the platform over the internet using a 
browser can telephorfe" another individual conversiig 
using a telephone. 



mines a netMrk address of said second interlace 
con^er^ion unit xjBinQ a telephone rwrtoer. 

5. A system as recited in daim 4. wherein said fwst 

interlace conversion unit transmits a packet 

a^rtched message to a said second intertaoe corv 

version unit including a network address of said frst 
interlace corMrsion urvt 



6. 



A system as recited in daim 5. wfterein said second 
intertace conversion unit repfies to said request with 
ffli asynchronous transfier mode network address 
and said first and second intertace conversion units 
pft l a fo ftb li a virtual oorviection overhead petMet- 
switched-networK 



7. A telephone system, co mpr isin g: 

first and second telephones: 
a packet-GWTtched-network: 
first and second interface conversion units cou- 
plad to saki pad<8t*switched-netMork and 
respectively to said first and second tele- 
phones, said uifts exchanging speech rtata 
packets o/er said networK conv e i Ung pactets 
into speech signals and speech signals into 
packets, and co npi eshi ng the speech signals 
prior to converskan into speech data padcets. 



30 



ClalfTB 

1. A telephone system, comprising: first and second 
telephones; 



a pacfc rt -swi t ched-netwofk: and ss 
first and secorvl interface conversion units oou* 
pled to said padoet-swrtched-network mi 
respectively to sad first and second tele- 
phones, said inis eocct ian g in g speech data 
packets over said network and converting 40 
packets into speech signals and speech sig- 
nals into packets and dynanicaly alocatng 
resoucas of said packet-swrtohed-network as 
needed to completB a telephone cafl tansac- 
tion. 45 

2. A system as recited in daim 1. wheren the 
resources Gtf said firet and second intertace conver- 
sion units are dynenvcaly aOocated to oonpJete 
said tramcdoa so 

a. A system as recited in daim 1 or 2, whereri said 
first arvj second irtertace oorversion units 
exchange netr^xk addresses used for eac hai n ^ >g 
the speech data packets. 55 

4. AsystemasrecitBdinanyof theprece<fingdairT«, 
wtierein said first rttertace corvereion unit deter- 



8. A telephone system^ comprising: 

first and second telephones; 
a padot-switched-network; art! 
first and second interface conversion units cou- 
pled to said padct-switched-network and 
respectively to said first and second tele- 
phor^ said irits exchanging speech data 
packets cvsr said network and converting 
pacfcete into speech signals and speech sig- 
nals into padvts and providng enhanced eat- 
ing servces Mudng one of: message- 
deivery, cal-badc. caf^reenmg. network- 
canp-on, caWacWronwiueue. fintMm. meel- 
me-pager. caMonMaiding, calHntemjpt. cal- 
wifting, business-dalng. automa:6c-caft-<fistri- 
butioa virtual-aulomalic-caB-dstrisution. 
speed<ji^ cal-transter. oorference<^frig 
arto netMrk-adrrinistratiorL 

9. A telephone system, conv^KI - 

atelephone; 

a padd-switched-network; and 
an intertace conversion unit coupled to said 
packet-swdched-network and to said tele- 
phone, said unit converting speech signais 
from said telephone into speech date padcets. 
transmitting f>e speech data packets over said 
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network and convening received speech pack- 
ets received over said network into speech sig- 
nals supplied to said tdephona 

10. A tel€phone system, coniprisv)g: s 

a switched telephone networks- 
first and second telephones connected to said 
switched telephone network; 
a packet-swrtched-network: io 
a first interlace conversion unit coupled to said 
packet-cwitched-network and to said first tele- 
phone, said firet unit exchanging speech dtota 
packets with said packet-switched-network and 
converting data packets into speech signals is 
and speech signals into data packets, said fist 
unit comprising; 

a first digits switching system coupled to 
said switched tetephorie network and rout- so 
ing a telephone caU from said first tele- 
phone: 

a fret appllcatkyi processing unit coupled 
to said cfigrtal Mrtching system, receiving 
the routed telephone call interfacing wHh a as 
cafier to identify a caled tel^)hone 
nunt)er. determining a packet switched 
called address associated with the called 
telephone nurte. and oonvenirig speech 
signals to and ftrom speech data: and so 
a first netwffxk proces si ng unit oot^sled to 
said packBt-awitohec^-network arvj sakj 
first flp pli c atMn processing unft, converting 
the speech data into data packets, tms- 
mittlng the data packets to the address, ss 
convening received data packets into 
speech data provided to said first appfica- 
tion processing urvt; and 

a second intertaoe oorverskan uvt ooif)led to « 
said packet-switched-network and to sad sec- 
ond telephone, said second uni exchanging 
speech data packets wih said packet- 
s^'i^ctied-network and converting data pad«ts 
into speech signals and speech signals into 45 
data packets, said first unit comprising: 

a second cfgifcai switching system coif)led 
to said switohed telephone networtc aid 

ra^a telephone cal to sakl second tel- so 
eptiorte; 

a second appi cati o n proce ssi ng und cou- 
pled to sajd (figitaJ switching system, ctf- 
ing the called telephone number and 
converting speech signals to and from 
speech data; and 

a second network processing int coupled 
to said pack^-swTtched-network and sad 



second appficatton processing unit con- 
ve rtingtfw speech data into data packets, 
transmitting the data packets to the first 
network processing unit converting 
received data pabots into speech data 
provided to said second appiication 
processing unit 

11. A telephone system, comprising: 

f rst and second telephones: 
a packet-switched-netwofk; artl 
first and seoorxJintertBceconversiq) units coci- 
pled to sakl pack^-switched-network and 
respectively to sakl first and second tele- 
phones, said units dynamicafly allocating 
resources of said packet-switched network as 
needed to complete a telephone caB transac- 
tion, exchanging speech data packets over said 
networK corMerling packets into speech sig- 
nals and speech signals into packets and per- 
fonning echo canoeOalion associated with the 
conversion. 

12. A telephone system, comprising: 

frst and second telephones; 
a packet-switched-network: anj 
f irsi and second interface conversion units cou- 
pled to sakl packet-switched-network ar^ 
respectively to said fvst and second tele- 
phor>e&. said uiAs exchanging speech 
packets over saad neNwk. converting packets 
into speech signals and speech si^s into 
packets and pertonnng echo cancelatxxi 
ass nni ate d with tie converskin. said corver- 
sion units corrp risi ng a speech signal sience 
detector and the corwertng of speech signals 
into packats is responsive to said slence 
detector. 

IX A telephone cal method, comprising: 

dynanicaly alocating packet-switahed net- 
work resources as needed to corrplete a t^e- 
phonecafl tnmaction: 

converting speech signals from a caling tele- 
phone into cafing party speech data padcets; 
transmitting the caling parly speech data pack- 
ets to a caled party desinatxin using the 
packet-switched-network: and 
converting the cafing party speech data pack- 
ets into caAed party speech signals 

» 14. Amethodasredtedindaiml3.ftfthercoff pnsin g 

proncSng the caBed party speech signals to a caUed 
telephone. 
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conv 

phsfftg exchanging packet•«Mtohe^-oe^MorK 
addresses associated wttti the caller and cailed te^ 
ephoods. 

5 

16. A method as recited in any of claims 13 to 15. fur- 
ther cmrpfi si ng est ai ji sh ing a virtual cira^ over 
the packBt-swTtched-netwrk. 

17. A telephone cafl method, comprising: convertin g ro 
speech sigrais from a cafiing telephone into cafling 
party speech data packets when the speech signats 
are above a speech signal threshold; transmitting 

the caUing party speech data packets to a called 
party destination using a packet-swrtched-network; is 
and converting the calling party speech data pack- 
ets into caled party speech signals. 

18. A telephone call method, comprising: converting 
speech signals from a calfing telephone into caAing 20 
party speech data packets: transmitting the cafisig 
party speech data packets to a called party destina- 
tion usff)g a packet-swMlched-networtQ 

converting the cafiing party speech data pack- 2S 
ets into cafled party speech signals; and 
determinng a network delay and adjusting a 
soird segnient size of the data packets 
respoTfiive to the delay. 

30 

19. A method as redted in claim 18. wherein the size 
comprises 1.5 times the delay. 

2a A telephone system, conpri si n g : 

3S 

firet and second telephones; 

a packet-switohed-network; and 

first arvl secorvl end points coupled to said 

packet-switctied-network and respectively to 

said first and second t e lephon es , said end 

points managing a telephone cal between said 

first and second telephones over said network. 

21. A telephone system as recited in claim 20, wherein 
said end points comprise mearv tor piovidvig 45 
enhanced caBing services inducfing one o^ mes- 
sage-defivery, caft-baek. caf-saeening. network- 
camp-on, caB-teA'^rom-Queue, fin^me. mcrt-mc- 
pager, cajMorwming. cal in lan ^at cal-waiting. 
businessKfafing. autonr«tic<ai-cfetrt3ubon. vir- so 
tual-automatic-caft-tfslrftxitiorv s p oo d-dal. cai- 
trarster, conferenoe-cafing and netMork-adminis- 
tialion. 

22. A teleohone call mettiod, compri si n g : & 

rr^nagng a telephone cafl a padcet- 
9MTtched network t)etween source and destra- 



tton end points 

2a A method as recited in daim 22. wherein said man- 
aging provides enhanced cafling services including 
one of: message-delivery. call-bacK cal-screening. 
network-camp-oa cafl-back-fronvqueoe. find-me. 
meet-me-pager. cail-fonvaiding. cail-intem^ cal- 
weiting. business-<£aing. autormtic^aB^cfistribLh 
tioa virtual-automatic-caBHfetrbution. speed-^. 
call-transfer, conferencecaffing arxj network- 
adm t nis ti ati CTV 

24. A method as recited in daim 22 or 23, wherein said 
managing oornprisesi ~ 

initialing a packet-switched packet communica- 
tion between the ervj pointe; and 
performng packet commmcation between the 
end points to estabfish a cafl between the end 
points^ 

2& A method as redted In any of dains 22 to 24. 
wtierein said managing comprises: 

inriiatng a p)ack et - s w i tched packet communica- 
tion between ttie end points; and 
performing packet oommunicatKyi t>etween the 
end points to estabfish an enhanced telephone 
service between the end points. 

26. A method as recited in any of claims 22 to 25. 
wtierein said managing comprises dytcuncafiy 
allocating netMOk resources as needed to com- 
plete a telephone cafl transaction. 

27. A method as redtad in any iaims 22 to 26. 
wherein said managing oonr 3 dynamicafiy 
allocating end point resources ided to com- 
plete a telephone call transactk 

28. A telephorw system, c anpri si ng: 

first and second telephones; 
anetwor K and 

first tfxj secorxl interface conversion urits cou- 
pled to said network and respectively to said 
first arvi second telephones^ said units 
exchffiging speech data F»ctats over said net- 
work. ooTMerting packets into speedi signals 
and speech signals into packets, and dynami- 
caly afiocating resources of said network and 
said urvts as needed to complete a telephone 
cafl trarsaction. 
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